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“BASS	  POLISH”	  	  Who	  said	  you	  can’t	  polish	  a	  t##d	  ??	  
	  What	  is	  “BASS	  POLISH”	  	  Bass	  Polish	  is	  a	  DSP	  that	  can	  enhance	  your	  average	  sounding	  bass	  guitar	  audio	  signal	  to	  that	  of	  the	  sound	  you	  hear	  in	  your	  head.	  Many	  producers	  and	  engineers	  say	  that	  you	  can’t	  polish	  a	  terd,	  but	  now	  with	  “BASS	  POLISH”	  it	  has	  become	  possible.	  	  Bass	  Polish	  is	  a	  preamp	  that	  has	  been	  designed	  to	  be	  the	  go	  to	  audio	  signal	  processor	  for	  most	  desired	  bass	  tones,	  Bass	  Polish	  lends	  itself	  more	  to	  the	  pop,	  indie	  and	  all	  rock	  genres.	  	  The	  Bass	  Polish	  is	  simple	  to	  use	  but	  also	  gives	  you	  all	  the	  necessary	  tools	  you	  need	  to	  create	  the	  desired	  sound.	  Gain	  /	  overdrive	  as	  well	  as	  equalisation	  have	  always	  been	  used	  to	  create	  classic	  bass	  tones,	  this	  DSP	  is	  no	  different	  to	  that	  except	  it	  has	  been	  made	  more	  user	  friendly	  and	  the	  unnecessary	  parameters	  that	  don’t	  need	  to	  be	  added	  to	  a	  bass	  guitar	  audio	  signal	  have	  been	  taken	  out.	  In	  addition	  the	  user	  guide	  provides	  parameters	  that	  best	  suit	  the	  sound	  trying	  to	  be	  achieved.	  	  
Problem	  solving	  with	  the	  BASS	  POLISH	  	  This	  Digital	  Audio	  Signal	  Processor	  (DSP)	  now	  allows	  the	  producer	  /	  engineer	  to	  be	  certain	  that	  a	  great	  bass	  signal	  can	  be	  produced	  even	  when	  the	  bass	  player	  turns	  up	  with	  his	  favourite	  home	  made	  bass	  guitar,	  or	  even	  worse	  then	  one	  he	  bought	  off	  the	  guitarist	  in	  the	  band	  for	  $100	  that	  told	  him	  “it	  sounds	  great	  trust	  me”	  	  	  Problem	  solving	  has	  never	  been	  easier	  this	  one	  stop	  shop	  DSP	  for	  all	  bass	  signals	  will	  never	  let	  you	  down.	  It	  is	  great	  for	  both	  producers	  and	  mix	  engineers.	  I	  am	  currently	  working	  on	  turning	  this	  DSP	  into	  a	  real	  time	  audio	  production	  tool,	  Real	  time	  with	  the	  BASS	  POLISH	  should	  be	  up	  and	  running	  with	  in	  the	  next	  month.	  	  	  	  	  	  	  	  	  	  
How	  the	  Bass	  Polish	  Works	  
	  
Gain	  Stage	  	  Adding	  gain	  to	  your	  signal	  is	  the	  first	  step	  to	  using	  the	  Bass	  Polish,	  the	  gain	  that	  has	  been	  used	  for	  the	  Bass	  Polish	  has	  been	  designed	  to	  clip	  the	  signal.	  By	  clipping	  the	  signal	  this	  then	  results	  in	  a	  “hotter”	  signal	  causing	  the	  signal	  to	  now	  sound	  as	  if	  it	  is	  “overdriven”	  almost	  like	  a	  distortion	  effect.	  	  Below	  are	  two	  graphs	  that	  show	  the	  effect	  of	  the	  gain	  stage	  to	  a	  signal.	  	  
Uneffected	  signal	  
	  	  
Effected	  signal	  
	  
	  As	  seen	  in	  the	  graphs	  provided	  above	  [the	  signal	  has	  now	  gone	  from	  peaking	  at	  0.8	  and	  -­‐0.6	  to	  be	  reaching	  1.0	  and	  –0.8	  adding	  roughly	  0.2dB	  of	  gain	  to	  the	  effected	  signal.	  	  The	  maths	  that	  has	  been	  used	  to	  derive	  this	  gain	  stage	  signal	  is	  represented	  below:	  
	   	  (DAFX	  2nd	  Edition	  page	  125	  table	  4.14)	  
	  
	  
Equalisation	  /	  Low	  Pass	  Filter	  
	  Here	  at	  Bass	  Polish	  we	  believe	  that	  the	  simpler	  the	  better,	  on	  most	  bass	  preamps	  we	  tend	  to	  see	  way	  to	  many	  controls	  for	  bass	  equalisation.	  We	  believe	  that	  may	  be	  the	  reason	  to	  a	  not	  so	  great	  bass	  tone,	  If	  equalisation	  isn’t	  used	  correctly	  it	  can	  drastically	  change	  the	  tone	  of	  a	  bass	  signal.	  So	  we	  have	  taken	  it	  upon	  our	  selves	  to	  make	  the	  world	  have	  greater	  sounding	  bass	  tone	  with	  the	  aid	  of	  only	  one	  knob	  that	  happens	  to	  be	  a	  low	  pass	  filter.	  This	  one	  amazing	  knob	  allows	  the	  user	  to	  control	  cut	  off	  frequency,	  by	  having	  only	  one	  knob	  that	  controls	  the	  frequency	  that	  is	  aloud	  to	  pass	  through	  the	  signal	  it	  then	  allows	  the	  user	  to	  commit	  to	  a	  sound	  rather	  then	  searching	  for	  their	  sound	  via	  4	  eq	  knobs	  that	  not	  everyone	  knows	  how	  to	  control.	  	  The	  maths	  used	  to	  derrive	  this	  process	  is	  as	  follows:	  
	  
(DAFX	  2nd	  Edition	  page	  53	  table	  2.17)	  
	  As	  we	  only	  have	  a	  low	  pass	  filter	  in	  the	  Bass	  Polish	  we	  only	  take	  into	  consideration	  the	  “minus”	  symbol	  not	  the	  “plus”	  in	  the	  first	  line	  of	  the	  equation.	  	  
Flow	  Chart	  of	  how	  the	  Bass	  Polish	  works	  
	  	  INPUT	   	   	   GAIN	   	   	   	  	  EQ	  /	  	   	   	  OUTPUT	  SIGNAL	   	   	   STAGE	   	   	  	  LOWPASS	  	  	  The	  Heart	  represents	  how	  much	  you	  will	  fall	  in	  love	  with	  your	  new	  bass	  tone.	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  
Specification	  	  The	  Bass	  Polish	  has	  been	  made	  simple	  so	  that	  is	  it	  easy	  to	  use	  and	  easy	  to	  create	  the	  desired	  bass	  tone	  that	  one	  is	  looking	  for.	  The	  Bass	  Polish	  has	  been	  fitted	  with	  a	  gain	  stage	  that	  allows	  the	  user	  to	  dial	  in	  as	  much	  or	  as	  little	  gain	  as	  desired.	  This	  will	  all	  be	  controlled	  via	  a	  knob	  that	  begins	  at	  0	  for	  no	  gain	  to	  a	  “full”	  turn	  in	  which	  this	  would	  represent	  1	  in	  the	  equation	  which	  will	  give	  you	  extremely	  clipping.	  	  The	  EQ	  section	  to	  the	  Bass	  Polish	  also	  has	  a	  knob	  when	  it	  is	  turned	  off	  it	  is	  representing	  that	  no	  low	  pass	  filter	  has	  been	  added	  to	  the	  signal.	  The	  more	  the	  knob	  is	  turned	  to	  the	  right	  the	  lower	  the	  cut	  off	  frequency	  is.	  The	  knob	  is	  designed	  so	  that	  when	  is	  it	  facing	  12	  O’clock	  the	  frequency	  cut	  off	  is	  at	  1K	  and	  above.	  
	  
Implementation	  
	  The	  Bass	  Polish	  will	  be	  implemented	  so	  that	  it	  may	  be	  used	  on	  every	  single	  DAW.	  We	  would	  like	  to	  get	  this	  plug-­‐in	  working	  on	  as	  many	  computers	  as	  we	  possibly	  can,	  as	  we	  have	  made	  sure	  that	  the	  Bass	  Polish	  is	  user	  friendly	  to	  all	  levels	  of	  audio	  production	  and	  or	  music	  enthusiast	  we	  do	  believe	  that	  this	  will	  now	  become	  the	  industry	  standard	  in	  bas	  preamps.	  
	  	  
Assessment	  for	  a	  human	  user	  	  How	  can	  human	  listeners	  providing	  their	  perceptual	  evaluation	  assess	  the	  Bass	  Polish?	  The	  Bass	  Polish	  can	  only	  be	  tested	  once	  listened	  to,	  the	  Bass	  Polish	  is	  innovative	  in	  its	  simplicity	  but	  also	  in	  its	  ability	  do	  deliver	  what	  it	  promises.	  As	  this	  can	  only	  be	  perceptual	  it	  comes	  down	  to	  subjective	  evaluation,	  and	  the	  great	  thing	  about	  this	  product	  is	  that	  you	  can	  create	  the	  sound	  that	  you	  want.	  Therefore	  the	  opinion	  of	  the	  listener	  will	  most	  likely	  be	  positive	  as	  they	  have	  control	  over	  the	  sound	  they	  are	  trying	  to	  achieve,	  thus	  resulting	  in	  more	  positive	  feedback	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  
Code:	  
% Audio read function 
[soundfile, fs] = audioread('Bass Track.wav');  
%normalize soundfile 
soundfile = soundfile/max(abs(soundfile)); 
  
% Play back for Bass Track.wav 
sound(soundfile, fs); 
  
% Symclip function used as gain control 
% x = input 
% th = threshold for symetrical soft clipping 
% if th = 0 extreme clipping and gain occurs 
% if th = 1 barely any clipping is added to the input signal 
% hint, a great place to start is at th = 0.26 
y=symclip(soundfile, 0.26); 
  
% Audition soft clipping with th = 0.26 
sound(y, fs); 
  
% Lowpass filter 
% x = input 
% Wc = normalized cut-off frequency 0<Wc<1, i.e. 2*fc/fS. c = 
(tan(pi*Wc/2)-1) / (tan(pi*Wc/2)+1); 
% xh = 0; 
% wc = "2*1000/fs;" is used to create the cut off frequency 1000 = 1K 
Wc = 2*1000/fs; 
l=aplowpass (y, Wc); 
  
% Normalize the output 
output = l/max(abs(l)); 
output = output*0.7; 
 
Symclip:	  
function y=symclip(x,th) 
% function y=symclip(x) 
% Author: Dutilleux, Zo ?lzer 
% "Overdrive" simulation with symmetrical clipping % x - input 
N=length(x); 
% th=1/3; % threshold for symmetrical soft clipping 
        % by Schetzen Formula 
for i=1:1:N, 
   if abs(x(i))< th,  
       y(i)=2*x(i); 
   end; 
   if abs(x(i))>=th, 
if x(i)> 0,  
    y(i)=(3-(2-x(i)*3).^2)/3;  
end; 
if x(i)< 0,  
    y(i)=-(3-(2-abs(x(i))*3).^2)/3;  
end;  
   end; 
   if abs(x(i))>2*th, 
    if x(i)> 0,  
        y(i)=1; 
    end; 
      if x(i)< 0,  
          y(i)=-1; 
	  
	  
	  
Aplowpass:	  
function y=aplowpass (x, Wc) 
% y = aplowpass (x, Wc) 
% Author: M. Holters 
% Applies a lowpass filter to the input signal x. 
% Wc is the normalized cut-off frequency 0<Wc<1, i.e. 2*fc/fS. c = 
(tan(pi*Wc/2)-1) / (tan(pi*Wc/2)+1); 
c = (tan(pi*Wc/2)-1) / (tan(pi*Wc/2)+1); 
xh = 0; 
for n = 1:length(x) 
xh_new = x(n) - c*xh; 
ap_y = c * xh_new + xh; 
xh = xh_new; 
y(n) = 0.5 * (x(n) + ap_y); % change to minus for highpass 
end; 
	  
	  
	  	  	  	  	  	  	  
